
Method for simple signal, tone and phase change detection 
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"^JfiSA^^The invent iop^£ r elates to a method according to the preamble 
of claim 

Inband signalling with special signals, primarily sinusoidal 
tones, is used in many areas of telecommunication, for 
example in switching systems. A specific frequency must be 
reliably detected from a mixture of sinusoidal frequencies 
which are superimposed by noise or other signals and it must 
optionally also be detected whether the sinusoidal 
oscillation contains a phase change or not. 

H It is known to detect a tone by band filters or by analysing 

l_s the signal in the frequency range by computing the discrete 

Fourier transforms of the signal or a signal block . The 
principle of the known algorithms for detecting a phase 
change consists in comparing the instantaneous values of the 
incoming tone with a version which has been time delayed by 
an exact multiple of the period length, as is known from 
EP 0 565 672 Bl or from the article "A simple phase-reversal 
tone disabler" by J.L. Melsa and R.J. Ragland in the 
conference proceedings from the ICASSP 86 Conference, Tokyo, 
pages 2 619 to 2 622 . Owing to frequency tolerances and strong 
noise interference, a critical point for the algorithm lies 
in the estimation of the correct period length. The number of 
computation operations required is very high, so the known 
algorithms are not suitable owing to the high expenditure on 
hardware in computing units or digital signal processes 
(DSP), in order to process, for example, 2,000 channels in 
parallel- -for the purpose of detecting tones and/or phase 
changes . 

The object of the invention is to provide a method which can 
be carried out with relatively low expenditure and which is 
therefore sui"ta5re~~f or monitoring a large number of~channeIs 





(for example 2,000 channels) with regard to the occurrence of 
specific tones and optionally phase change with high 
reliability at relatively low cost. 

This object is achieved in accordance with the invention in a 
method according to/uhj£x#re amble of claim 1 by the features 
of the characterising part of claim 1. 

According to the invention therefore, the signal in which 
specific information signals or tones (frequencies) are to be 
detected is divided into/time-consecutive blocks and only a 
selection of the blocked which is smaller than the total 
number of blocks, ia/examined, and a transformation, for 
example a frequenc/ transformation (transformation from time 
domain to the Laplace domain) , of the signal is carried out 
in the examined/blocks in order to obtain result values for 
the decision. Kn one embodiment, these may then be combined. 

The invention is not restricted to tone and phase change 
detection but will be described below primarily with regard 
thereto . 

It is advantageous in the invention that owing to the 
division into individual blocks and processing of only a 
selection of these blocks it is possible to reduce the 
complexity while increasing the detection delay, in 
particular if there are no strict requirements on the 
detection speed. Owing to the sub-sampling at block output 
level with potential subsequent connection, it is possible to 
exchange computing power for delay time or to improve the 
distribution of computing power. Certain standards stipulate 
for example that signal tones must have been detected at the 
latest approximately 0.4 seconds before they start. The 
examined blocks of the message signal of a single channel 
must therefore follow each other so closely in time that the 
just mentioned regulation can be adhered to for example. 



Therefore, complexity can be exchanged for detection delay 
with the invention depending on requirements . 

The case can arise where despite the evaluation of only a 
selection of the blocks, each individual block per se can 
supply the information regarding the presence or absence of 
the specifically sought frequency sufficiently reliably (i.e. 
also taking into account the signal-to-noise ratio for 
example) . In other cases on the other hand, a decision would 
not be possible based on the information which a single block 
supplies or it would be afflicted by an unacceptably large 
probability of error. 

In such cases, it is provided in accordance with an 
embodiment of the invention that result values of a plurality 
of selected blocks are combined by a function or mapping, and 
the result is evaluated in order to obtain a reliable 
decision value "z" . 

Depending on the requirement, mapping can, for example, be 
linear, can in particular include multiplications and 
additions, but it can also be non-linear however, for example 
operate with threshold values or boundary values. If with 
three consecutive blocks it is required, for example, that 
none of the signals supplied by each individual block may 
have the value 11 0" in order that a positive decision can be 
made, this can be achieved very easily by means of a 
multiplication as mapping function. The three-fold position 
above a threshold value can be achieved for example with a 
comparison function and an AND gate as mapping function. 

In an embodiment of the invention mapping is selected such 
that it takes complex values into account. It is advantageous 
in this case that phase relationships can simply be taken 
into account or can also be recognised. 



Although the solution could also be employed for continuous 
signals, the preferred embodiment of the invention relates to 
sampled (time-discrete) signals. 

In principle it is also possible to detect not only 
sinusoidal signals but also for example rectangular signals 
or any signalling signals or code sequences with the method 
according to the invention. The transformation used must be 
adapted accordingly. 

The block length must on the one hand be so large that 
sufficient accuracy of signal detection is ensured, on the 
other hand it must not be too large such that the processing 
time (computing time) is allowed to increase unnecessarily. 
In the embodiments described later it is assumed that with a 
maximum frequency of 4 kHz during telephone speech 
transmission a sampling frequency of 8 kHz is used for the 
purpose of obtaining digitised signals, and that generally 80 
successive sampling values are used as block length. The 
block length in terms of time in the above-mentioned example 
is therefore 0.01 seconds (block length N = 80 means that 80 
successive sampling values of the signal are used for the 
computation) . 

Sampling of an analogue signal can be carried out 
specifically for the purposes of the invention or a sampled 
signal which is already present is used for the invention. 

The invention is explained for the most part using a block 
length of 80 sampling values and a block interval of 80 
sampling values. If an individual block still cannot supply 
the information required for an unequivocal decision the 
information is then available, for example, at the earliest 
after the occurrence of the second processed block, i.e. 
after a time which corresponds overall to three times 80 
sample pulse intervals. In a further embodiment of the 



invention the block length is reduced in size, halved to 40 
in the embodiment, so only a block containing 40 sample 
values is not evaluated between two blocks which are to be 
evaluated. In this case, the decision can be made after a 
period of time comprising three times 40 sample pulse 
intervals . 

The frequency transformation can advantageously be a (in 
particular discrete) Fourier transform or one of its special 
cases (DFT or FFT) . Other transformations can also be used 
for the invention, however, which allow clear conversion from 
the time range into a frequency range. 

A frequency-selective transformation is advantageously used 
to search for specific tones, i.e. for specific sinusoidal 
frequencies, which transformation is adjusted to the tone 
sought in each case. 

An embodiment of the invention is preferred in which the 
digital Fourier transform is carried out by a Goertzel 
algorithm. The Goertzel algorithm is described in A.V. 
Oppenheim and R.W. Schafer "Discrete- time signal processing", 
Englewood Cliffs, N J : Prenticehall , Inc., 1989, page 585 ff. 
At the time the Goertzel algorithm was the most effective 
known method for computing a DFT value (DFT = discrete 
Fourier transform) of a sequence with finite duration of 
length N during a sample period T. The DFT frequencies in 
this case are the frequencies f 0 = k/NT where k = 0, 1, 
N-l. 

The invention recognises that the Goertzel algorithm can be 
used for the purpose of proving the existence of the tones in 
a signal for any frequencies and can be adjusted to any 
frequencies. In accordance with an embodiment of the 
invention the Goertzel algorithm is adjusted to the 
instantaneously sought frequency. The advantage resides in 



the great speed of the algorithm with low complexity of 
computation . 

The phase information of the complex output signal of the 
frequency transformation is advantageously utilised to 
determine phase changes, preferably in the method which uses 
the Goertzel algorithm, the phase information of the signal 
produced by the Goertzel algorithm. 

Further advantages of the invention reside in the fact that 
it can be carried out easily. A sharp reduction in the 
computation complexity by a factor of at least 2 and an 
increase in reliability compared with the state of the art is 
achieved. 

A plurality of message channels can be examined with a single 
device for carrying out the method, wherein the above- 
mentioned device expediently examines one respective block 
from each of the channels successively in time and after 
examining the block of the last channel examined in this way 
starts at the first channel again and therefore examines the 
second block of the first channel, this block having a more 
or less large time interval from the first examined block of 
the first channel. In this way a single device can examine a 
plurality of message channels, for example two, for the 
occurrence of signal tones, for example with a single signal 
processor . 

In embodiments of the invention a variation is made as a 
function of the noise level in such a way that the 
reliability of detection remains the same even with a 
markedly increasing noise level and even in the event of a 
prolonged processing duration in that in a first embodiment 
the block length is increased with increasing noise level and 
in a second embodiment the number of blocks which are 
processed until a decision is made is increased. 
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The possible applications for the method according to the 
invention lie, for example, in signalling for echo 
suppressors and echo compensators in switching devices which 
are to be turned off in certain cases. In accordance with a 
known regulation, a tone of 2100 Hz without phase change as 
turn-off tone is used for signalling for echo suppressors. 
The same frequency is used for turning off echo compensators 
but with phase change. Further frequencies which can be 
detected with the method according to the invention are in 
particular the dialling tones used in tone selection 

The invention will now be described, and further features and 
advantages of the invention emerge from the following 
description of embodiments of the invention with the aid of 
the drawings, which show details which are essential to the 
invention, and from the claims. The individual features can 
be embodied individually per se or in combination in an 
embodiment of the invention. In the drawings: 

Fig. 1 shows a sampled channel signal in which a phase change 
can be detected. 

Fig. 2 is a schematic view of a detector arrangement. 

Fig. 3 is the view of the position of blocks with a block 
length N = 80 of a single channel evaluated by the method in 
accordance with an embodiment. 

Fig. 4 is the view of the position of blocks with a block 
length 40 of a single channel evaluated by the method 
according to a further embodiment, 

Fig. 5 is a schematic view of the conversion of samples of a 
block by means of a transformation to produce an output value 
for an evaluated block of length N, 
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Fig. 6 is the view of a functional diagram of the computation 
according to the Goertzel algorithm for a frequency f 0/ 

Fig. 7 is a schematic view of the formation of a result value 
by means of mapping, 

Fig. 8 is the view of the position of blocks with a block 
length N = 80 of a single channel evaluated by the method in 
accordance with a further embodiment, 

Fig. 9 is a schematic block view of a device for carrying out 
the method according to the invention. 

The detection of sinusoidal tones in noise is a general task 
of signal processing. Sinusoidal tones are very often used 
for data services in telephone networks, in particular for 
signalling in the speech band. This is done, for example, 

in the dual t one-mult if requency-DTMF signalling system as is 
used for the dialling process, 

in signalling for switching systems or signalling system 
No. 5 etc. , ITU Q. 141, 

and in particular in signalling for echo suppressors and echo 
compensators as specified in G. 164, G. 165. 

Sinusoidal waves of specific frequencies for example must be 
detected whilst other frequencies must be ignored. In the 
example described in detail below, phase changes in the 
sinusoidal waves are additionally used for signalling 
purposes . 

An example of a signal of an individual channel to be 
detected is shown in Fig. 1. The time axis shows samples, 
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i.e. 1/8 milliseconds. The signal shown has a frequency of 
500 Hz with tolerance deviations. It has a phase shift with a 
value of 180° (= n) . 

In the block diagram in Fig. 2 the signal of an individual 
communication signal is represented by jc(fc). Although the 
invention can be implemented in analogue form, in the 
preferred embodiment it is implemented in digital form. 
Therefore the (in Fig. 2 analogue) low-pass signal (4 kHz in 
the example) is sampled in a suitable manner with the sample 
time T and converted by an AD converter 1 into digital form. 
This gives x(n) = x (nT) which is further processed. The 
signal shown by way of example in Fig. 1 can be represented 
by 

x(n) = r(n) + A • cos (2n f Tn + Q(n) ) . 

In this case the amplitude A can be zero or equal to A 0 and 
the phase term Q(n) can be constant or equal to n u(n-N c ), 
where u(n) can assume the values 0 or 1 and represents the 
unit shift function. The noise present in x(n) is denoted by 
the signal r(n). 

The detector 2 (Fig. 2) must now decide between three 
possible results: 

1. There is no tone (A = 0) ; 

2. There is a simple tone of specified frequency; 

3. There is a tone of specified frequency which has a phase 
step of 7i (phase reversal, as shown in Fig. 1) . 

The detector 2 does not evaluate all blocks of a channel but 
only a selection of them, in the example every second block 
with a block length of 80, as shown in Fig. 3 . In a further 
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example described below the blocks have a block length of 40, 
as shown in Fig. 4. 

In principle the number of omitted blocks need not be 
constant but can also vary. Furthermore, the block interval 
does not have to correspond to the block length but can 
assume any other value and can also vary. 

It is described with the aid of Fig. 5 that the function or 
the processing step of transformation 5 pertains to the 
detector so it can carry out its task. The transformation 
effects a conversion of the sample signals of a block into 
the frequency range. Only after processing of the entire 
block does the transformation emit one or more output values, 
which is symbolised top right in Fig. 5 by a sampler. 

In a preferred embodiment the function of the transformation 
is carried out by making computations according to the 
Goertzel algorithm. The Goertzel algorithm can be used for 
the invention for any frequency f 0 and is illustrated in 
Fig. 6 as it is used for the invention. 

Fig. 6 shows a functional diagram of the mathematical 
relations; the actual computation can be made in a further 
way and is intended in the example to be carried out by a 
digital computer which is constructed using DSPs for fast 
addition and multiplication operations. In Fig. 6 the ovals 
containing values represent a multiplication by the 
respective value, the elements z" 1 are delay elements (delay 
by 1 sample period) , the triangles are adders and the circle 
containing a plus sign is an adder. 

As can be seen from Fig. 6 an input value x(n) arrives at the 
start of the computation process at a first delay element anci 
from there proceeds to a second delay element and is added 
from the output thereof after multiplication by -1 to a 



further value, which results from the output signal of the 
analogue adder delayed by a single delay time multiplied by 
the factor 2cos 27if 0 T. This result is subsequently added in 
the adder to the input signal and is therefore input value 
for the delay chain again. This part of Fig. 6 just described 
is an IIR filter (infinite impulse response filter) . 
Therefore the input values x(0), . .., x(N-l) are processed 
one after the other, which requires approximately N real 
multiplications. By using the filter states the desired 
output value y(N-l) is computed only in the last step by 
using two real multiplications. This is symbolised by the 
sampler (top right) . The value obtained y(N-l) is then a 
complex value (therefore consists of two values) . The last 
mentioned multiplications use the exponential factor e" 327lf ° T 

known from the formula of the Fourier transform. The 
multiplication by this factor is made only once per block in 
order to save computation time. 

An improvement is achieved with regard to the frequency 
selectivity or resolution when the input signal is multiplied 
by a window function w(n) , which produces x (n) -w(n) . Instead 
of a rectangular function, the window function can be a 
function (for example Hamming window) which forces a drop in 
amplitude in the direction of the lateral edges for example. 

In the example a block allocation into blocks of length N as 
shown in Fig. 3 is used. The illustrated blocks v-1, v, v+1 
etc., are processed while the blocks of this one message 
channel located therebetween are skipped. In the embodiment 
of the method shown here, the hardware provided for carrying 
out the method has time, for example, to process blocks in a 
further message channel in the time intervals which 
correspond to the gaps between the blocks of Fig . 3 in each 
case . 
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During block processing the short-time rating is measured in 
order to standardise the values obtained in order to be 
independent of the respective specific level. A computation 
in accordance with the Goertzel algorithm is carried out in 
each block v which computation is adjusted to the frequency 
f 0 sought in order to derive the complex value y v (N-l) . The 
window function w(n) which is used can be dimensioned such 
that it fulfils the desired frequency characteristics (for 
example as required in G. 164, G. 165) 

Finally, it is particularly important that the output signals 
y(N-l) (see Fig. 5) which result from processing of the 
examined blocks in Fig. 3, are combined as is shown in Fig. 
7. In other words, the values are subjected to mapping 20 to 
give a decision value z which simply provides the desired end 
result . 



By using these structures shown and by virtue of the fact 
that by mapping 20 the sum of the complex values y 
JN-1) + y v (N-l) = z is formed as decision variable in this 
example, the method can be used to increase the frequency 
selectivity . 

In a further embodiment the implemented combination is 
produced as follows: It is checked whether the standardised 
variable y v (N-l)/Vp v is at least three times greater than a 
specific threshold value in order to decide whether a 
sinusoidal signal is present. 

If the average number of operations of the detector is 
examined, the sum of the combination of filter output signals 
is only small, if only every m-th block is processed in order 
to compute the filter output signals according to Goertzel, 
the number of computations which are used for combining the 
filter output signals, is divided by m-N to obtain the 
average value. Owing to this "sub- sampling" , i.e. owing to 
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non-processing of certain blocks, they contribute to only a 
small extent to the average complexity. 

In the following a solution to the problem of detecting the 
phase reversal by using the structure shown above is 
described. If 

X(n) = A * cos (271 / Tn + Q) 

and it is additionally assumed that the spectrum of the 
window function W(e 327CfT ) for f = 2f Q has faded sufficiently, 
then 

V (N- 1 ) ~ — e u e • W ( e u J ) 
2 

results . This is a complex value which has a large sum for 
f - f 0 and becomes smaller if the instantaneous frequency f 
deviates from f 0 . The factor e 327C£ o T < N - 1) ^ s known in advance. It 

is now provided according to the invention that the complex 
value y(N-l) is used to carry out a phase measurement of the 
cosine function, in other words to derive 0. 

Because there is a time displacement from one measured block 
to a further measured block, the time displacement converts 
to a phase rotation factor e 327t / TN / if one proceeds from one 

block directly to the next and there is no noise. This phase 
factor could be compensated if the frequency of the 

transmitted tone / were to satisfy the equation f = f 0 
exactly. As there is a frequency tolerance however (of 1% for 
example) there is an unknown phase increase or phase drop 
from one measuring instant to the next measuring instant. By 
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using a plurality of measurements the linear phase increase 
can be computed and compensated during measurement. 
Subsequently, the phase measurement can be used to determine 
a phase step very reliably. 



In an embodiment the following method is provided as a 
special solution. The three (optionally standardised) output 
signals of blocks v, v + 2 and v + 4, as illustrated in 
Fig. 8, which in the example have a mutual distance from a 
block in each case, are combined in a product. (In contrast 
to Fig. 3, the blocks are numbered differently) . Therefore 

y v (N-l) y *„ a (N-l) y*„ 2 (N-l) y„ 4 (N-l) = z 

gives the decision variable z, wherein y* denotes the 
conjugated complex variable. As this combination only uses 
multiplications, it can be advantageously implemented by a 
DSP. In fact, only three complex multiplications are used 
which corresponds to 12 real multiplications. As can be seen 
by using a complex phase factor in the equation, the decision 
value is independent of the original phase and independent of 
linear phase change. If there is no phase shift or phase 
step, and there is no noise the result z would be purely 
real . If the phase has changed by <p in block v + 4 at the 
latest, the decision variable z is proportional to e i(p and 
therefore this indicates the phase change as desired. This 
formula carries out the method described in claim 8 in a 
simple manner. 

If a phase change is not produced at the edge but inside a 
block, v + 4 in the example, the sum of the amplitude 

I y v +4 (N-l) | is not as high as normal, in addition the phase 
of z is somewhere between 0 and cp. This is not sufficient to 
bring a phase value above a threshold value. At the next 
instant, when the next decision must be made, the block would 



be measured with the phase change as y v + 3 {N-l) and is 
therefore not used when determining z. With jy^fN-l) 
however, the phase change is clearly reflected and z 
indicates that a phase change, for example a phase reversal, 
has taken place . 

It emerges from the information theory that a sufficient 
number of samples disturbed by noise must be processed before 
a reliable decision is reached. Therefore practically no 
other solution is currently conceivable which requires so 
little memory space and computational complexity. 

In -a specific embodiment m = 1 and the block length is only N 
= 40. A function specifically devised for G. 165 with the 
length 40 is used as window function. The signal-to-noise 
ratio (SNR) was only 5 dB which is the minimum value for G. 
165. A simulation with 1 million tests demonstrated the 
following: incorrect allocations of "no tone" or "simple 
tone" to a further result were not determined; a simple tone 
with phase reversal was not detected at a frequency of only 4 
x 10" 5 times. The method is therefore very reliable. 

The method in accordance with the invention can be used at 
any frequency. As a generalisation, the frequency can be 
self -adapting . In addition to the adaptive processing already- 
discussed a test for numerous frequencies can be made block 
by block by using a short block length and a threshold value 
which is not very high. If probability for the existence of a. 
frequency to be tested exists, the method can test this 
frequency further until there is certainty in the sense of a 
sequential decision. Otherwise, the method continues to 
sample all frequencies. As a result, complexity can also be 
replaced by decision time in this method as well. 
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In embodiments of the invention the method is self -adapting 
as a function of the signal-to-noise ratio. If the sinusoidal 
signal is transmitted and the variable |y v (N-l) | demonstrates 
a high variance from one measured block to the next measured 
block, the window length is increased. As an alternative, 
more values are used in a compensation computation. In this 
way, the algorithm is caused to operate at a constant error 
rate with different signal-to-noise ratios, which is an 
important advantage compared with other algorithms. 

The arrangement shown in Fig. 9 has a control device 30, a 
memory device 3 2 and a central processor 34 which can carry 
out the Goertzel algorithm. The values of the frequencies or 
parameters to be detected at least are stored in the memory 
device 32 and the control device 3 0 causes these values to be 
supplied consecutively to the central processor 34, for 
example as variable f 0 , in order to carry out the method 
according to the invention. The arrangement is provided in a 
switching centre 40 in order to identify dialling tone 
signals, echo compensation sample signals and, if required, 
other sinusoidal tone signals. The signals to be analysed are 
supplied to the control device 3 0 via a line 41 from the 
switching centre 40. The control device 30 induces detection 
by the central processor 34 and the results are supplied via 
a line 42 to the switching centre 40. 

The feature of mapping is regarded as an independent 
invention in so far as it does not matter whether the blocks 
are ignored or not during detection. 



